Abstract-In this paper, we propose a framework to transmit multiple scalable video programs over downlink multiuser orthogonal frequency division multiplex (OFDM) networks in real time. The framework explores the scalability of the video codec and multidimensional diversity of multiuser OFDM systems to achieve the optimal service objectives subject to constraints on delay and limited system resources. We consider two essential service objectives, namely, the fairness and efficiency. Fairness concerns the video quality deviation among users who subscribe the same quality of service, and efficiency relates to how to attain the highest overall video quality using the available system resources. We formulate the fairness problem as minimizing the maximal end-to-end distortion received among all users and the efficiency problem as minimizing total end-to-end distortion of all users. Fast suboptimal algorithms are proposed to solve the above two optimization problems. The simulation results demonstrated that the proposed fairness algorithm outperforms a time division multiple (TDM) algorithm by 0.5 3 dB in terms of the worst received video quality among all users. In addition, the proposed framework can achieve a desired tradeoff between fairness and efficiency. For achieving the same average video quality among all users, the proposed framework can provide fairer video quality with 1 1.8 dB lower PSNR deviation than a TDM algorithm.
I. INTRODUCTION
W ITH the advancement of video compression technology and wide deployment of wireless local area networks (WLAN), transmitting multiple compressed video programs over band-limited wireless fading channel has become an emerging service. A multiuser video transmission system should consider not only the reconstructed video quality of each individual user but also different perspectives from network-level point of view. We consider two essential service objectives, namely, the fairness and efficiency. The first ob-jective regards whether the received video qualities are fair or not for the users who subscribe the same video quality level. The second objective is efficiency, namely, how to achieve the highest overall users' received video qualities with a limited amount of system resources. If the users pay the same price for a certain video quality, the received qualities for these users should be similar. The challenge to attain each objective is how to effectively allocate radio and video resources to each video stream. To facilitate resource management, a system with highly adjustable radio and video resources is preferred. For the radio resource, the wireless communication system should provide high data rates to accommodate multimedia transmission and equip multidimensional diversity so that radio resources can be dynamically distributed according to users' needs and channel conditions. For the video source coding, the video codec should have high scalability to aid rate adaptation to achieve the required quality. In this paper, we address the above issues and present a framework to reach a desired tradeoff between fairness and efficiency.
To provide high data transmission rate, orthogonal frequency division multiplex (OFDM) system is a promising modulation scheme and has been adopted in the current technology, such as digital audio broadcasting (DAB), digital video broadcasting (DVB), WLAN standard (IEEE 802.11 a/g), and wireless metropolitan area networks (WMAN) standard (IEEE 802.16a ). Compared to the traditional OFDM system, a multiuser OFDM system has higher adjustability for dynamic allocation of resources such as subcarrier, rate, and transmission power. Therefore, a multiuser OFDM system can explore time, frequency, and multiuser diversities to improve system performances, such as throughput [1] , [2] . Allocating resources in a multiuser OFDM system is often formulated as an optimization problem. If the objective function and system resource constraints are continuous and convex, multiuser iterative waterfilling is an effective solution to maximize system's utility [3] - [5] . However, the multiuser OFDM system often has resources with both continuous and integer valued parameters and systems may also have non-linear or/and non-convex constraints. Thus, obtaining the optimal solution is often hard. Through Lagrangian relaxation, an algorithm satisfying users' minimal quality requirement and minimizing the overall transmission power was proposed in [6] . To alleviate the high computational complexity, several suboptimal but computationally efficient algorithms for transmitting generic data were proposed in [7] - [10] . Unlike generic data, compressed video sources exhibit different characteristics, for example, there is highly bursty rate from frame to frame and different compression complexity from one scene to another scene. Furthermore, a streaming video system has a strict delay constraint that belated video data is useless for its corresponding frame and will cause error propagation for the video frames encoded predictively from this frame. Therefore, the radio resource allocation problem for transmitting video is more difficult than the problem for transmitting generic data. A real-time low-complexity algorithm for transmitting wireless video is desired.
To transmit video programs over wireless networks, a system should be able to adjust the video source bit rates according to the varying channel conditions. A highly scalable video codec is desired since it provides flexibility and convenience in reaching the desired visual quality or the desired bit rate. The fine granularity scalability (FGS) coding and fine granular scalability temporal (FGST) coding in the MPEG-4 video coding standard can provide high flexibility. However, their overall qualities are worse than the non-scalable coding results, and there remains a non-scalable base layer. The development of 3-D subband video coding [11] - [16] provides an alternative to compress video with full scalability, namely, spatial scalability, temporal scalability, and signal-to-noise (SNR) scalability. Unlike the motion compensated video codec based on block matching (such as H.263 and MPEG-4), the 3-D subband coding explores the spatiotemporal redundancies via a 3-D subband transform. Extending the bit allocation ideas from the EBCOT algorithm for image compression [17] , the 3-D embedded wavelet video codec (EWV) [16] outperforms MPEG-4 for sequences with low or moderate motion and has comparable performance to MPEG-4 for most high-motion sequences. Moreover, the rate-distortion (R-D) information can be predicted during the encoding procedure and provide a one-to-one mapping between rate and distortion such that we can achieve the desired perceptual quality or the targeted bit rate. Thus, we adopt the EWV codec in the proposed framework as an example. We can easily incorporate other codecs with similar coding strategy into the proposed scheme.
A wireless system transmitting a single video program has been widely studied in the literature [18] - [20] . To improve the overall system performance, joint source and channel coding has been shown as an effective approach [21] - [27] . When we consider a system transmitting heterogeneous video programs simultaneously, the system has another dimension of diversity to explore since different video scenes have different content complexity: at a given encoded bit rate, some video scenes may have unnecessarily high perceptual quality, while others may have low perceptual quality. It has been shown that joint multiple video source coding can leverage different video content complexities to achieve more desired quality [28] - [32] . Thus, for a multiuser wireless system, the main challenges to achieve the highest system performance are how to allocate limited and shared radio resources to multiple users, how to jointly select video source and radio parameters, and how to deliver video streams to multiple users in real time. A simple solution for a multiuser wireless video system was proposed by assigning subcarriers according to the length of terminal's queue [33] . In this paper, we overcome the aforementioned challenges by allocating resources through a multiuser cross-layer optimization, namely, we formulate the whole system as optimization problems by jointly exploring the diversity of video and radio resources in a cross-layer fashion to optimize the network-level service objectives.
Motivated by the above advantages of multiuser OFDM system and EWV video codec, we propose a framework to provide multiple video streams to different users using dynamic distortion control. The proposed framework has the following features. First, the system dynamically gathers the information of system resources from different components to capture the time-heterogeneity of video sources and time-varying characteristics of channel conditions. Subject to delay constraint, the system explores multidimensional diversity among users and across layers, performs joint multiuser cross-layer resource allocation optimization, and then distributes the system resources to each user. The benefit for such joint consideration is the higher utilization of system resources. The simulation results demonstrated that the proposed fairness algorithm outperforms a time division multiple (TDM) algorithm based on traditional WLAN technology by 0.5 3 dB in terms of the worst received video quality criterion. Second, extremely fair allocation in such a heterogeneous environment will cause low overall video qualities when some users are trapped in bad channels. On the other hand, optimizing the system efficiency will only cause unfairness among users. To reach the tradeoff between fairness and efficiency, our proposed framework first achieves baseline fairness among all users and then pursuits the high overall system's efficiency. Compared to the TDM algorithm, the proposed framework can provide fairer video quality with 1 1.8 dB lower PSNR deviation among all users for achieving the same overall video quality. This paper is organized as follows. The system architecture for transmitting 3-D EWV over multiuser OFDM networks is described in Section II. In Section III, we concentrate on fairness issue among users and formulate the proposed system as a min-max problem. In Section IV, we focus on system efficiency. The tradeoff between fairness and efficiency and potential solution to increase efficiency through unequal error protection are addressed in Section V. Simulation results are presented in Section VI and conclusions are drawn in Section VII.
II. SYSTEM DESCRIPTION
There are three major subsystems in the proposed wireless video system, namely, the video source codec subsystem, the multiuser OFDM subsystem, and the resource allocator subsystem. We first review the video source codec subsystem along with the corresponding R-D characteristics, and describe the multiuser OFDM subsystem with adaptive modulation and adaptive channel coding. Then, we present the proposed framework for transmitting multiple scalable video bitstreams over multiuser OFDM networks.
A. Video Source Codec Subsystem
The EWV encoder consists of four stages [16] , namely, 3-D wavelet transform, quantization, bit plane arithmetic coding, and rate-distortion optimization. At the first stage, we collect a group of frames (GOF) as an encoding unit and apply 1-D dyadic temporal decomposition to obtain temporal subbands. The 2-D spatial dyadic decomposition is applied in each temporal subband to obtain wavelet spatiotemporal subbands (or "subbands" for short). At the second stage, a uniform quantizer is used for all wavelet coefficients in all subbands. At the third stage, fractional bit plane arithmetic coding is applied to each subband. Except that the most significant bit plane (MSB) has only one coding pass, every bit plane is encoded into three coding passes, namely, significance propagation pass, magnitude refinement pass, and normalization pass. Each coding pass can be treated as a candidate truncation point and the EWV decoder can decode the truncated bitstream containing an integer number of coding passes in each subband. The more consecutive coding passes of each subband a receiver receives, the higher decoded video quality we have. The coding passes among all subbands can be further grouped into several quality layers such that the received video quality can be refined progressively by receiving more layers. At the last stage, the encoder determines which coding passes are included in the output bit stream subject to quality or rate constraint.
To maintain the coding efficiency, the R-D curve in each subband should be convex [17] . Some coding passes in a subband cannot serve as feasible truncation points to maintain the convexity and they will be pruned from the truncation point list. To facilitate the discussion, we call all the coding passes between two truncation points as a coding pass cluster.
Consider now there are a total of subbands for the th user and the subband has coding pass clusters. We can measure the rate and the corresponding decrease in normalized mean squared distortion of the th coding pass cluster in subband for the th user [17] , and denote them as and , respectively. We divide the whole duration for transmitting a total of quality layers into transmission intervals with equal length. The th quality layer is transmitted at the th transmission interval. The received distortion and rate for quality layers 0 to can be expressed as (1) (2) Here is the distortion without decoding any coding pass cluster (3) and is the total number of coding pass clusters of subband in the quality layers 0 to , which satisfies and
Define the number of coding pass clusters for subband in quality layer as and for all subbands
We also define a matrix whose th row is . Thus, in each transmission interval , the source coding part of our system determines the coding pass cluster assignment and packetizes them as a quality layer for each user. We use Fig. 1 to illustrate the relationship among coding pass, subband, and quality layer. Note that owing to different content complexities and motion activities shown in video sources, the R-D information should be evaluated for each GOF of each user to capture the characteristics of the corresponding bitstream.
B. Multiuser OFDM Subsystem
We consider a downlink scenario of a single-cell multiuser OFDM system in which there are users randomly located. The system has subcarriers and each subcarrier has bandwidth of . We use an indicator to represent whether the th subcarrier is assigned to user . Note that in a single-cell OFDM system, each subcarrier can be assigned to at most one user, i.e., , . The overall subcarrier-to-user assignment can be represented as a matrix with . Let be the th user's transmission rate at the th subcarrier and the total rate for the th user can be expressed as . The overall rate allocation can also be represented as a matrix with . In mobile wireless communication systems, signal transmission suffers from various impairments such as frequency-selective fading due to multipath delay [40] . The continuous complex baseband representation of user 's wireless channel impulse response is expressed as (6) where and are the gain and the delay of path for user , respectively. In Rayleigh fading, the sequence is modelled as a zero-mean circular symmetric complex Gaussian random variable with variance proportional to , where is the distance and is the propagation loss factor. All are assumed to be independent for different paths. The root-mean-square (RMS) delay spread is the square root of the second central moment of the power delay profile (7) TABLE I  REQUIRED SNR AND TRANSMISSION RATE USING ADAPTIVE MODULATION AND CONVOLUTIONAL CODING RATES [35] where and . After sampling at the receiver, the channel gain of OFDM subcarriers can be approximated by the discrete samples of the continuous channel frequency response as
where is the duration of an OFDM symbol and is the sampling index. This approximation does not consider the effect of the smoothing filter at the transmitter and the front-end filter at the receiver.
We assume a slow fading channel where the channel gain is stable within each transmission interval. 1 The resource allocation procedure will be performed in each transmission interval. To facilitate the presentation, we omit in the channel gain notation. The channel parameters from different subcarrier of different users are assumed perfectly estimated, and the channel information is reliably fed back from mobiles users to the base station in time for use in the corresponding transmission interval. Denote as the th user's signal to noise ratio (SNR) at the th subcarrier as (9) where is the transmission power for the th user at the th subcarrier and is the thermal noise power that is assumed to be the same for each subcarrier of different users. Further, let be the channel gain matrix and the power allocation matrix. For downlink system, because of the practical constraints in implementation, such as the limitation of power amplifier and consideration of co-channel interferences to other cells, the overall power is bounded by , i.e., . The goal of the proposed framework is to provide good subjective video quality of the reconstructed video. Since the distortion introduced by channel error is typically more annoying than the distortion introduced by source lossy compression, the system should keep the channel-induced distortion at a negligible portion of the end-to-end distortion so that the video quality is controllable by the source coding subsystem. This can be achieved when we apply an appropriate amount of channel coding to keep the bit-error rate (BER) after the channel coding below some targeted BER threshold [31] , which is 10 in our system and achievable in most 3G/4G systems. In addition, joint consideration of adaptive modulation, adaptive channel coding, and power control can provide each user with the ability to adjust each subcarrier's data transmission rate to control video quality while meeting the required BER.
We focus our attention on MQAM modulation and convolutional codes with bit interleaved coded modulation (BICM) as they provide high spectrum efficiency and strong forward error protection, respectively. We list the required SNRs' and the adopted modulation with convolutional coding rates to achieve different supported transmission rates under different BER requirement in Table I based on the results in [35] . Given a targeted BER, there is a one-to-one mapping between the selected transmission rate and the chosen modulation scheme with convolutional coding rate when the required SNR is satisfied. In this case, determining is equal to determine the modulation and channel coding rate. For each rate allocation , the corresponding power allocation should maintain the SNR in (9) larger than the corresponding value listed in Table I to achieve the BER requirement. To facilitate our discussion, we define the feasible set of the transmission rate in Table I as and the corresponding set of the required SNR for as . Here, and , and represents the number of combinations for different modulation with convolutional coding rates, which is 11 in our case. All transmission rate s' should be selected from the feasible rate set .
C. EWV Video Over Multiuser OFDM
The block diagram of the proposed wireless video system is shown in Fig. 2 . The upper and lower parts show the modules located in the server side and the mobile user side, respectively. For the server side, the server buffers each user's incoming video frames in the user's frame buffer. After collecting a GOF with frames for each user, the server moves those raw video frames to a wavelet video encoder for compression as a coding pass bit stream. The selected coding pass clusters will be transmitted during the next GOF transmission time of second long, where is the video frame sampling rate. To capture the varying channel conditions and video content characteristics, the resource allocator should obtain the channel information for each transmission interval from the channel estimator and the R-D information of each GOF from the video coder. With the estimated channel conditions, the resource allocator can predict how many data rates with 10 the wireless networks can support in the next transmission interval. With the R-D information, the resource allocator can estimate the qualities of the reconstructed videos after decoding at each mobile terminal. By jointly considering the R-D information and the estimated channel conditions, the resource allocator performs resource optimization and distributes video and radio resources to each video stream in each transmission interval. According to the allocated resources, the source coding subsystem will group the selected coding pass clusters into a quality layer for each user and pass them to the transmission system; and the multiuser OFDM subsystem will load the video data to be transmitted to different subcarriers at a controlled amount of power. On the mobile user side, an OFDM receiver buffers the received data until the end of the current GOF transmission time. Then, those received data are moved to a wavelet video decoder for decoding and the decoded frames are sent for display during the next GOF transmission time.
Since we only know the channel conditions provided by the channel estimator in the near future within the next transmission interval and the GOF bitstreams are transmitted across transmission intervals, it is necessary to break down the optimization problem into a sequential optimization problem and solve each problem in each transmission interval. There are two different objectives we want to achieve in each transmission interval: fairness and efficiency. To ensure the fairness among all users, we formulate the problem as a min-max optimization problem to minimize the maximal (weighted) end-to-end distortion among all users. Maintaining short-term fairness in each transmission interval ensures the long-term fairness for GOFs [34] . To achieve high resource-allocation efficiency in terms of a high overall video quality, we formulate the problem as an optimization problem to minimize the overall end-to-end distortion among all users. We will discuss the fairness and efficiency problems in Section III and Section IV, respectively. The tradeoff between efficiency and fairness will be addressed in Section V.
III. OPTIMIZATION IN RESOURCE ALLOCATOR: FOCUSING ON FAIRNESS
In this section, we consider how to achieve fair video quality among all users in a transmission interval and formulate this problem as a min-max problem. Given the integer programming nature of the problem, we propose a three-stage suboptimal algorithm to solve the optimization problem in real time. 
A. Formulation of the Fairness Problem
At the beginning of the th transmission interval, according to the channel information and subject to the transmission delay constraint as one transmission interval long, the resource allocator minimizes the maximal distortion received among all users as follows: subject to (10) where is the quality weighting factor and the perceptual distortion function. We solve this optimization problem by selecting the values of subcarrier assignment matrix , rate assignment matrix , and coding pass cluster assignment subject to four constraints: the first constraint is on subcarrier assignment that a subcarrier can be assigned to at most one user; the second one restricts the subcarrier rate to be selected only from the feasible rate set ; the third one is that the user's overall assigned rate in (3) should be no larger than the overall assigned subcarrier rate; and the fourth one is on the maximal power available for transmission. Note that the system can provide differentiated service by setting to different values according to the quality levels requested by each user. As a proof of concept, we consider the case of , and for providing uniform quality among all users here. The proposed solution can be easily extended to other quality weighting factors and quality functions, and we will demonstrate the ability for providing differentiated service in Section VI. The problem in (10) is a multidimension generalized assignment problem, which is an hard problem [36] . In a real-time system, a fast approximation algorithm with good performance is needed and will be designed next. 
B. Proposed Algorithm for Fairness
We propose a three-stage fast algorithm to solve the optimization problem (10) . As illustrated by the flowchart in Fig. 3 , at the first stage, we obtain continuous GOF R-D functions that provide a distortion-to-rate mapping to facilitate the resource allocation. At the second stage, we determine the subcarrier assignment matrix and rate assignment matrix to find the largest distortion reduction that the OFDM system can support. This goal can be achieved through a bisection search on the R-D functions obtained at Stage 1. At the third stage, the coding pass cluster assignment is decided subject to the allocated subcarrier and rate assignment at Stage 2. We explain the details of each stage below.
1) Stage 1:
At this stage, a continuous GOF R-D function of the unsent coding pass clusters for each user is obtained. The goal for determining the GOF R-D function is to provide a one-to-one mapping between rate and distortion such that we can know the amount of rate increment necessary for a given amount of reduction in distortion.
Suppose there are unsent coding pass clusters for user at the beginning of the transmission interval . Define the distortion-to-length slope for a coding pass cluster with the rate increment and the distortion reduction as
The distortion-to-length slope represents how much distortion a coding pass cluster can reduce by given one unit of rate. We can sort all distortion-to-length slopes of all unsent coding pass clusters ( , where ) in a decreasing order and obtain the corresponding mapping indexes and inverse indexes . For example, if the sorting result is , we assign , , and , . Then, a decreasing discrete R-D function for quality layer can be obtained according to this sorting result, as shown in Table II (c). To facilitate the distortion-to-rate searching, we relax the constraints on integer value of rate and integer number of coding pass clusters to allow them to be real numbers; and 
where is the required bit rate. We can calculate the least required rate, , to achieve the targeted distortion, , by finding the inverse function of . We summarize the algorithm used in this stage in Table II . The complexity of this stage for each user is due to sorting.
2) Stage 2:
At this stage, the goal is to minimize the maximal distortion supported by the OFDM subsystem through a bisection search procedure. By checking the continuous GOF R-D functions obtained in (12) , the resource allocator can calculate the minimum transmission rates necessary to achieve the same targeted distortion among all users. Then the resource allocator checks whether these requested rates can be supported by the OFDM subsystem under current channel conditions. If the requested rates are feasible, the resource allocator tries to further decrease the targeted distortion by increasing the requested rates. Otherwise, the resource allocator increases the targeted distortion to reduce the requested rates and checks the feasibility again. A bisection search algorithm is deployed to find the minimal distortion that the OFDM subsystem can support.
The feasibility of the requested rates depends on two factors. First, the OFDM subsystem should be able to transmit the requested rates for all users. Second, the overall transmission power, , cannot exceed . We develop a fast suboptimal algorithm shown in Table III to allocate the bits and power to satisfy the rate constraint first and then the power constraint. There are three steps in the proposed algorithm for feasibility checking: initialization, minimal rate assignment, and power reduction. First, the subcarrier assignment matrix , the rate assignment matrix , and the power assignment matrix are initialized to zeros. Next, the system tries to satisfy the requested rates. In each round, we allocate an unassigned subcarrier to a user. If has the maximal value in current , subcarrier is assigned to user and we update , to prevent this subcarrier from being assigned again. We then determine the modulation schemes and the coding rates for all subcarriers currently allocated to user such that the requested data rate can be accommodated and the required transmission power is minimized in the meantime. This can be implemented by the well-known waterfilling algorithm with Table I and (9) . If the requested rate of user can be allocated, user is removed from future assignment list in this step by assigning , . This step is repeated until all users' requested rates are satisfied. If all subcarriers are already assigned and not all requested rates can be allowed, infeasibility is reported and the resource allocator has to reduce the requested rates. In the third step, we try to reduce the overall transmission power to be below by assigning the remaining subcarriers. In each round, we select a user who has the highest average power per subcarrier and assign him/her with one of the remaining subcarriers in which this user has the largest channel gain. Then we minimize the transmission power among the subcarrier set assigned to this user. The overall transmission power is calculated and if it is greater than , the power reduction procedure is repeated again. Otherwise, we calculate , , and for OFDM subsystem, report feasibility and exit. An infeasibility is reported if there is no subcarrier left and . Since the required power for each user in each subcarrier can be pre-calculated, the complexity of checking feasibility in each iteration is . The overall number of iterations, which is typically fewer than 20 in our experiment, is bounded by the bisection search.
3) Stage 3: At this stage, we perform the coding pass cluster assignment for each user individually. Denote the assigned rate from Stage 2 for the th user as . Due to the discrete rate provided by the OFDM subsystem , the assigned transmission rate is generally larger than the requested rate, i.e.,
. Therefore, we have rate budget to allocate the coding pass clusters. We formulate the problem as minimizing the distortion subject to the rate constraint by allocating the coding pass cluster subject to (13) Since for each unsent coding pass cluster we need to decide whether we select it or not, the problem (13) is a binary knapsack problem [36] , which is hard. To ensure the real-time performance, we apply a two-step greedy algorithm here. First, among all values of that are not larger than , we find the largest one, . We will include all coding pass clusters whose indexes are not larger than in the current quality layer. Notice that the sorting order has ensured the decoding dependency of coding pass clusters in each subband. This is because if user receives the th coding pass cluster in subband , user must receive coding pass cluster 0 to since , or , due to the convexity of R-D in subband . Second, a round of refinement is performed to utilize the unused bandwidth, . We search all unsent coding pass clusters that follow the currently selected truncation points and pick those with rates not larger than the unused bandwidth. The coding pass cluster with the largest distortion-to-length slope is selected for transmission during current transmission interval. The system updates the unused bandwidth and unsent coding pass clusters; and then repeats the above search procedure until there is no coding pass cluster with size not larger than the unused bandwidth. Since the first step directly uses the result in (12), the refinement step consumes most computation power in the whole coding pass cluster assignment and the complexity to search a feasible coding pass cluster is . We recap the algorithm used in this stage in Table IV. 
IV. OPTIMIZATION IN RESOURCE ALLOCATOR:
FOCUSING ON EFFICIENCY In this section, we study the efficiency problem in which the overall distortion of all users is minimized in a transmission interval. We first formulate the efficiency problem as an optimization problem. Then, similar to the fairness case, we also propose a three-stage algorithm to determine the subcarrier assignment, rate assignment, and coding pass cluster assignment to achieve the optimization goal.
A. Formulation of the Efficiency Problem
We formulate the efficiency problem as to minimize the overall (weighted) end-to-end distortion among all users subject to constraints on subcarrier assignment, subcarrier rate, user rate, and power subject to (14) The constraints are similar to the fairness case presented in Section III-A. Similar to the fairness case, the delay constraint is implicitly imposed in the problem (14) so as the transmission delay is restricted within a transmission interval.
B. Proposed Algorithm for Efficiency
To solve this minimization problem, we propose a three-stage algorithm shown in Fig. 3 . The first stage is to obtain the continuous R-D functions of all unsent coding pass clusters for the current GOF. The second stage is to perform subcarrier assignment and rate assignment through a 2-D waterfilling procedure; and the third stage is the coding pass cluster assignment. The first and third stage are the same as what have been discussed in Section III-B. Here, we focus on the second stage and consider the case of , and . Having the continuous R-D functions, the problem (14) can be simplified as follows: subject to (15) where . To solve this problem, a two-step suboptimal algorithm is proposed by first determining the subcarrier assignment matrix and then deciding the rate assignment matrix .
1) Subcarrier Assignment: In this step, we relax the power constraint by assuming the maximal transmission power is unlimited and thus each subcarrier can be loaded with maximum rate to fully utilize the available bandwidth. Then, the problem (15) has only the subcarrier assignment constraint and the goal is to find the subcarrier-to-user assignment that can reduce most distortion by using the least amount of power. This problem can be solved by an iterative greedy algorithm. In each iteration, we evaluate which user can achieve the most distortion reduction by using the least power if we assign an unused subcarrier to him/her. There are two factors affecting this evaluation, as reflected by and defined below: (16) is the accumulative allocated rate for user in the current iteration. The first term of (16) evaluates the gradient of reduced video distortion with respect to the allocated rate, i.e., how much distortion we can reduce by assigning a unit of rate for user . The second term of (16) evaluates the gradient of the allocated rate to the required transmission power (calculated using (9)), i.e., how many bits this system can transmit at per unit of power. If both factors of user at subcarrier are large, it implies that assigning subcarrier to user can use the same amount of power to reduce more distortion. Since the Once we obtain , we can find its entry with maximal value and assign subcarrier to user . To prevent this subcarrier from being assigned again, we set , . Then, we update the current allocated rate of user by setting and subcarrier assignment matrix by setting and for . This procedure is repeated until all subcarriers are assigned. The complexity of this step is . 2) Rate Assignment: Based on the subcarrier assignment in the previous step, we determine how much rate should be assigned to each subcarrier. To facilitate our discussion, let be the subcarrier usage index, which indicates the selected row in Table I for user at subcarrier . For example, represents that user has loaded bits in subcarrier and the required SNR to achieve is . Further, we define a set of incremental rate and a set of incremental power , where and for , respectively. We solve this rate assignment problem using a 2-D discrete waterfilling algorithm. At the beginning, we set all required rate and all subcarrier usage indexes to zeros. In each iteration, similar to Step 1, we select the subcarrier setting that can achieve the most distortion reduction by using the least power when we evaluate the results of filling each subcarrier an incremental rate . This procedure is repeated until all subcarriers are fully loaded or the overall required power reaches the maximal available amount. The evaluation of distortion-to-power ratio for all subcarriers and users can be quantified as a matrix with (18) The first term of (18) represents how much distortion user can reduce with an extra unit of rate and the second term of (18) represents how many bits to transmit for user at subcarrier with a unit of power. The overall represents how much distortion user will reduce at subcarrier with one extra unit of power.
After obtaining , we select the entry with largest value. If subcarrier does not belong to user , i.e., , we set and search the highest value in again. If so, we update user 's subcarrier usage index (19) the overall transmission rate of user (20) and the overall transmission power (21) If subcarrier is overloaded, (i.e., ), or the overall required power exceeds the , we need to pick other entry by setting and search the highest value in until a valid one is found. The search algorithm terminates if no more valid assignment is found. The whole algorithm is presented in Table V . Since the accumulative rate is updated for the selected user only, the complexity of updating in each iteration is , where is the number of subcarriers assigned to user . The maximal number of iteration in the rate assignment is ; and the actual number of iteration depends on the transmission power level and channel condition.
V. EXTENDED FUNCTIONALITIES IN THE PROPOSED FRAMEWORK
In this section, we discuss the extended functionalities based on the proposed algorithms in Sections III and IV. We first address how to achieve a desired tradeoff between system fairness and efficiency. Then we investigate how to incorporate unequal error protection in the proposed framework to increase system's efficiency.
A. Tradeoff Between Fairness and Efficiency
We have proposed two solutions to ensure fairness and improve efficiency in each transmission interval, respectively. If we apply fairness algorithm in all transmission intervals ( intervals), the received video qualities for all users will be similar to each other. However, the users whose video programs require more rates to achieve the same video quality or who are in bad channel conditions will become a bottleneck in the whole system and degrade the overall video qualities. If we apply efficiency algorithm in all transmission intervals, the system will achieve the highest overall video qualities. Nevertheless, the users in good channel conditions with low video content complexity will be assigned more system resources. Consequently, some users will have unnecessarily good video qualities while others will have very bad qualities. In other words, a system achieving more efficiency will suffer from more unfairness. We are interested in how to design a system with partial fairness and partial efficiency. To achieve this tradeoff, for each GOF, we propose to apply fairness algorithm in the first several transmission intervals ( intervals) to ensure the baseline fairness, and then apply the efficiency algorithm in the rest transmission intervals ( intervals) to improve the overall video qualities. We denote this strategy as algorithm. Note that algorithm is the pure fairness algorithm and algorithm is the pure efficiency algorithm.
B. Unequal Error Protection
It has been shown that the unequal error protection (UEP) can improve the expected video qualities [37] - [39] . Relaxing the requirement from lower targeted BER to higher targeted BER but sending the same bit rate, the required power can be reduced. In other words, if the overall transmission power is fixed, the overall bit rate using higher targeted BER can be higher than the one with lower targeted BER. It is potential to improve the overall expected video qualities. The UEP takes the advantage of different priorities within a video bit stream by using different targeted BER. For the video bit stream with higher priority, the UEP adopts stronger error protection (lower targeted BER) to increase the probability of successful transmission. For the video bit stream with lower priority, the UEP applies weaker error protection (higher targeted BER) to utilize a larger effective bandwidth for statistical performance gain.
Because the EWV bit stream exhibits a strong decoding dependency, all received coding pass clusters in a subband should be adjacent to each other and also a truncated version of the original bit stream starting from MSB. Assuming all bits in the quality layer are received correctly, given a targeted , the expected distortion of the quality layer can be represented as (22) Here is the probability that the receiver can correctly receive all coding pass clusters from to in subband and can be expressed as follows: (23) Here is the cumulative number of bits from coding pass cluster to in subband and can be expressed as 
Quality layer has higher priority than quality layer if since both layers may have coding passes in the same subband so that coding passes in quality layer have decoding dependency on the ones in quality layer due to (4) . We incorporate the unequal error protection strategy in the proposed framework by considering the priorities of quality layers in different transmission intervals. In the first transmission intervals, we solve the original problem (15) using the proposed algorithm shown in Table V with the strongest error protection. At the last transmission interval, we solve the problem (15) but replacing with using several different as shown in Table I  ( and in our case). We pick the BER setting that achieves the lowest overall expected distortion.
VI. SIMULATION RESULTS
The simulations are set up as follows. The OFDM system has 32 subcarriers over a total 1.6 MHz bandwidth. The delay spread in root mean square is 3 10 s. An additional 5-s guard interval is used to avoid inter-symbol interference due to channel delay spread. This results in a total block length as 25 s and a block rate as 40 K/sec. The Doppler frequency is 10 Hz and the transmission interval is 33.33 ms. The mobile is uniformly distributed within the cell with radius of 50 m and the minimal distance from mobile to the base station is 10 m. The noise power is 5 10 W, and the maximal transmission power is 0.1 W. The propagation loss factor is 3 [40] . The video sampling rate is 30 fps with CIF resolution (352 288). The GOF size is 16 frames and each GOF is encoded by the codec [16] using Daubechies 9/7 biorthogonal filter with 4-level temporal decomposition and 3/2/1 spatial decomposition in low/mid/high temporal subbands, respectively.
A. Performance Evaluation of the Fairness Algorithm
We first demonstrate how the proposed algorithm achieves pure fairness among all users when all users request uniform quality. We consider a four-user system, where each user receives 10 GOFs from one of the four video sequences, Foreman, Hall Monitor, Mother and daughter, and Silent, respectively. Fig. 4(a) shows the received video quality of the first GOF in terms of mean squared error in every transmission interval. As we can see, all four users have similar video quality in each transmission interval and the received video quality is improved by receiving more quality layers till the last transmission interval. We also show the corresponding subcarrier assignment of the first GOF in each transmission interval in Fig. 5(a) . As the source coding rate of each user is allocated in different time and frequency slots according to the channel conditions and source characteristics, the diversities of frequency, time, and multiuser are jointly exploited. Fig. 6(a) shows the frame-by-frame PSNR along 10 GOFs for all users. The average PSNR along the received 160 frames for each user is 39.52, 39.71, 39.46, and 39.54 dB, respectively. The deviation of users' received quality is small and within 0.25 dB. Thus, the pure fairness algorithm, , can provide similar visual qualities among all users during the whole transmission time.
As we have mentioned that the proposed framework can provide differentiated service by appropriately setting the quality weighting factor in (10) . We repeat the above experiment with a new set as , , , and . The PSNR difference between user and is expected to be 3 dB. Fig. 4(b) shows the mean squared error of the first GOF received by each user in every transmission interval. As we can see, the video qualities received by all users maintain the desired quality gap in every transmission interval. The differentiated service is achieved when we receive all quality layers. Fig. 5(b) shows the corresponding subcarrier assignment of the first GOF in each transmission interval. Compared to Fig. 5(a) , User 3 occupies more subcarriers in the system with differentiated service than in the system with uniform quality. Fig. 6(b) shows the frame-by-frame PSNR along 10 GOFs for all users. As we have expected, User 3 has the highest received video quality and User 0 has the lowest PSNR. The average PSNR received by each user is 35.06, 38.16, 40.91, and 43.92 dB, respectively. The PSNR differences between user and for , 1, and 2 are 3.10, 2.75, and 3.01 dB, respectively, which is close to the design goal of 3 dB differentiated service.
B. Performance Evaluation of the Algorithm Family
Next, we evaluate the proposed algorithm with different values of . Here we also compare the proposed algorithm with the TDM algorithm. 2 Instead of allowing subcarriers Fig. 9 . Performance comparison for the worst quality received among all users using the proposed algorithm and TDM algorithm.
in a transmission interval to be allocated among multiple users, the TDM algorithm assigns all subcarriers in one transmission interval to only one user whose current end-to-end distortion is the largest. Thus, the multiuser and frequency diversity is not explored in this TDM algorithm.
We Two performance criteria are used to measure the proposed algorithm and TDM algorithm. We first calculate the average received video quality of all 160 frames for each user and denote it as for the th user. To measure the efficiency, we average the for all users, i.e.,
The higher avePSNR is, the higher system efficiency of overall video quality we have. To measure the fairness, we take the standard deviation for each user's average received video quality, i.e.,
The lower stdPSNR is, the fairer quality each user receives. If stdPSNR is high, it implies some users receive video programs with high quality and the other users receive video programs with poor quality. Fig. 7 shows the fairness and efficiency results for the proposed algorithms and TDM algorithm. We first compare the performances for eight settings of the algorithm family, including ,
. We see that the pure fairness algorithm achieves the lowest PSNR deviation among all algorithms but has the lowest average PSNR; and the pure efficiency algorithm achieves the highest average PSNR but has the highest PSNR deviation. The tradeoff between avePSNR and stdPSNR can be adjusted by selecting different number of transmission intervals for fairness algorithm. As revealed from Fig. 7 , the algorithm has higher average received video quality but higher quality deviation than the algorithm. The second comparison included in Fig. 7 is between the algorithm family and the TDM algorithm. As shown in Fig. 7 , for achieving the same avePSNR, the proposed algorithm family has about 1 1.8 dB lower deviation in PSNR than the TDM algorithm. In other words, the proposed algorithm provides fairer quality than the TDM algorithm. This is because the proposed scheme employs additional diversity in frequency and multiuser.
To evaluate the received video quality along the time axis, we show the frame-by-frame PSNR using TDM algorithm and the algorithm family for each user in a four-user system in Fig. 8 . We choose three algorithms from algorithm family, namely, the pure efficiency algorithm , the pure fairness algorithm , and one example of the partial fairness-efficiency algorithm . As we can see, the algorithm has higher PSNR than , for all users except User 1. This is due to two factors: one is that the video content of User 1 requires higher rate to achieve the same video quality than the other users and the other reason is that the channel condition for User 1 is the worst among all users. Therefore, the algorithm assigns more rates to the other users than User 1 to achieve higher average received video quality of all users. Fig. 9 shows the average value of the worst received PSNR among all users from 10 different terminals' locations for different number of users in the system. We can see that the proposed algorithm, , can improve the minimal PSNR better than that of the TDM algorithm. There is about 0. 5 3 dB gain for different number of users. The performance gap increases when the number of users increases owing to the multiuser diversity.
In Table VI , we show the performance gain that the unequal error protection scheme outperforms the equal error protection (EEP) for different numbers of users in the system using algorithm. For the UEP strategy, the targeted BER of the first 15 transmission intervals is set to . The targeted BER of the last transmission interval is chosen from , depending on which BER setting achieving better expected distortion using (22) . For the EEP, the targeted BER for all transmission intervals is . The video content and channel setting are the same as before. For each setting, we run the simulation 10,000 times. As revealed in Table VI , the UEP can improve the expected average PSNR per user only about 0.05 0.13 dB.
This small improvement using the UEP is due to several reasons. First, although a system with higher targeted BER has potential to attain higher bit rate throughput, the distortion introduced by the channel becomes significant. Thus, the increased effective bandwidth is limited, which limits the reduction of video distortion. Second, the EWV codec has a high compression ratio at very low bit rate but its R-D curve becomes flatter at higher bit rate due to the distortion-to-length slope sorting. So, for a system that has already received a large amount of video data at the last transmission interval, the improved distortion due to the increased effective bandwidth using the UEP is limited. Third, the joint multiple video coding has explored the video content complexities for all videos and the system has assigned more system resources to users who are in good channel conditions with simple video content complexity to achieve the highest system's efficiency. Thus, the extra bit rate budget benefited from the UEP will be distributed to users who are in bad channel conditions with complex video complexity, whose overall distortion can only be improved by a limited amount. Further, the selection of targeted BER is based on the expected distortion calculated from (22) . If the targeted BER is selected as 10 , the UEP is equivalent to the EEP and no performance gain can be obtained. We also observe that the more users the system has, the smaller performance improvement we have. It is because the increased bandwidth due to higher targeted BER is roughly a constant and is shared by all users. When the number of user increases, the increased bandwidth assigned to each user will reduce and the quality improvement will reduce.
VII. CONCLUSION
In this paper, we have constructed a framework sending multiple scalable video programs over multiuser OFDM networks. By leveraging the frequency, time, and multiuser diversity of the OFDM system and the scalability of the 3-D embedded wavelet video codec, the proposed framework can allocate system resources to each video stream to achieve the desired video quality. Two service objectives are addressed: fairness and efficiency. For the fairness problem, we formulate the system to achieve fair quality among all users as a min-max problem. For the efficiency problem, we formulate the system to attain the lowest overall video distortion as a minimization problem. To satisfy the real-time requirement, two fast algorithms are proposed to solve the above two problems.
The simulation results have demonstrated that the proposed fairness algorithm outperforms TDM algorithm by about 0.5 3 dB for the worst received video quality criterion. The proposed algorithm family can achieve a desired tradeoff between fairness among users and overall system efficiency. At the same average video quality among all users, the proposed algorithm has about 1 1.8 dB lower PSNR deviation among all users than the TDM algorithm. So, the proposed algorithm can provide better system efficiency and stricter fairness. In addition, the proposed fairness algorithm can allow differentiated service by appropriately setting values for quality weighting factors. We also extend the proposed framework to incorporate unequal error protection. In summary, the proposed framework is a promising solution for broadband multiuser video communication.
